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(57) ABSTRACT

An apparatus for correcting errors in speech recognition is
provided. The apparatus includes a feature vector extracting
unit extracting feature vectors from a received speech. A
speech recognizing unit recognizes the received speech as a
word sequence on the basis of the extracted feature vectors. A
phoneme weighted finite state transducer (WFST)-based con-
verting unit converts the recognized word sequence recog-
nized by the speech recognizing unit into a phoneme WFST.
A speech recognition error correcting unit corrects errors in
the converted phoneme WFST. The speech recognition error
correcting unit includes a WFST synthesizing unit modeling
a phoneme WFST transferred from the phoneme WFST-
based converting unit as pronunciation variation on the basis
of'a Kullback-Leibler (KL) distance matrix.

9 Claims, 6 Drawing Sheets
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FIG. 2
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FIG. 4
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FIG. 5
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1
APPARATUS FOR CORRECTING ERROR IN
SPEECH RECOGNITION

CROSS-REFERENCE TO RELATED
APPLICATION

This application claims the benefit of U.S. Provisional
Application Ser. No. 61/647,521, filed May 16, 2012, which
is hereby incorporated by reference in its entirety.

BACKGROUND

The present disclosure relates to an apparatus for correct-
ing an error in speech recognition.

Dysarthric speakers have difficulty in respiration, vocal-
ization, and articulation due to defects in nervous system
which controls the articulatory organs. Due to this, a dysar-
thric speech has inexact articulation such as omission, sub-
stitution, distortion, or the like of a specific phoneme. This
inexact articulation results in degradation of recognition per-
formance in a speech recognition system.

In order to solve this problem, pronunciation variation is
modeled and an error correction method on the basis of the
model is being researched.

BRIEF SUMMARY

Embodiments provide apparatuses for enhancing a recog-
nition rate for dysarthric speakers, and apparatus for enhanc-
ing recognition rates for non-dysarthric speakers as well as
dysarthric speakers.

Embodiments also provide methods of modeling pronun-
ciation variation of speech through a Kullback-Leibler (KL.)
distance matrix and correcting errors on the basis of the
model.

In one embodiment, an apparatus for correcting errors in
speech recognition, the apparatus comprises: a feature vector
extracting unit extracting feature vectors from a received
speech; a speech recognizing unit recognizing the received
speech as a word sequence on the basis of the extracted
feature vectors; a phoneme weighted finite state transducer
(WFST)-based converting unit converting the recognized
word sequence recognized by the speech recognizing unit
into a phoneme WFST; and a speech recognition error cor-
recting unit correcting errors in the converted phoneme
WFST, wherein the speech recognition error correcting unit
comprises a WFST synthesizing unit modeling a phoneme
WFST transferred from the phoneme WFST-based convert-
ing unit as pronunciation variation on the basis of a Kullback-
Leibler (KL) distance matrix.

The details of one or more embodiments are set forth in the
accompanying drawings and the description below. Other
features will be apparent from the description and drawings,
and from the claims.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a block diagram illustrating an entire configura-
tion of an apparatus for correcting an error in speech recog-
nition according to embodiments.

FIG. 2 illustrates a configuration of a device for correcting
an error on the basis of weighted finite state transducers
(WFST) in the apparatus for correcting an error in speech
recognition according to embodiments.

FIG. 3 illustrates a configuration of a device for modeling
pronunciation variation in the apparatus for correcting an
error in speech recognition according to embodiments.
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FIG. 4 illustrates an example of WFST-based conversion of
a recognition word sequence to a phoneme sequence.

FIG. 5 illustrates an example of WFST built from KL
distance matrix-based pronunciation variation.

FIG. 6 illustrates an example of WFST built from a pro-
nunciation dictionary.

FIG. 7 illustrates an example of WFST built from a lan-
guage model.

DETAILED DESCRIPTION

Reference will now be made in detail to the embodiments
of'the present disclosure, examples of which are illustrated in
the accompanying drawings.

An apparatus for correcting an error in speech recognition
according to an embodiment will be described in detail with
reference to the accompanying drawings. The invention may,
however, be embodied in many different forms and should not
be construed as being limited to the embodiments set forth
herein; rather, that alternate embodiments included in other
retrogressive inventions or falling within the spirit and scope
of the present disclosure can easily be derived through add-
ing, altering, and changing, and will fully convey the concept
of the invention to those skilled in the art.

FIG. 1 is a block diagram illustrating an entire configura-
tion of an apparatus for correcting an error in speech recog-
nition according to embodiments.

Referring to FIG. 1, the apparatus according to embodi-
ments includes a feature vector extracting unit 110 for
extracting feature vectors from a received speech signal, a
speech recognizing unit 120 for recognizing the received
speech signal as a word sequence on the basis of the extracted
feature vector, a phoneme weighted finite state transducer
(WEST)-based converting unit 130 for converting the word
sequence recognized by the speech recognizing unit 120 into
a phoneme WFST, and a speech recognition error correcting
unit 200 for correcting an error in the phoneme WFST.

And at least one database may be further included, which
may be referred to during word sequence recognition by the
speech recognizing unit 120 and error correction in phonemes
by the speech recognition error correcting unit 200. The data-
base may include an acoustic model 310, a pronunciation
dictionary 320, a language model 330, and a pronunciation
variation model 340. In particular, the pronunciation varia-
tion model 340 is based on a Kullback-Leibler (KL) distance
matrix, and detailed description thereon will be described
later.

In detail, the feature vector extracting unit 110 plays a role
of giving features to the received speech signal. The feature
vector extraction is performed by extracting features valid to
recognition from an uttered speech in speech recognition. For
example, a speech waveform may be subdivided at each 20
msec to create a frame, each frame being overlapped at every
10 msec to be moved. For each frame, feature vectors may be
extracted by converting a time domain signal into a frequency
domain signal. At this time, the frequency domain signal is
converted into mel-frequency bands, which reflect a way that
human ears analyze speech, and then cesptum is extracted to
create 39”-order mel-frequency cepstral coefficients
(MFCCs). And then cepstrum normalization and energy nor-
malization may be applied.

Also, the speech recognition unit 120 plays a role of rec-
ognizing the received speech as a word sequence on the basis
of the extracted feature vectors. Namely, the speech recogni-
tion unit 120 recognizes the feature vectors extracted from the
received speech as word sequences having the maximum a
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posteriori probability. For example, the speech recognition
unit 120 finds a word sequence W meeting a following con-
dition.

W = argmaxP(W | Y) = argmaxP(Y | W)P(W)
w w

Here, P(YIW) denotes an acoustic model, and may predict
a probability of feature vectors in a word sequence. P(W)
denotes a language model, and describes a probability of the
word sequence.

When separating the received speech as the recognized
word sequence with reference to the feature vectors, the
speech recognition unit 120 may refer to the acoustic model
310, a pronunciation dictionary 320 and a language model
330. The acoustic model 310 may be represented by a likeli-
hood probability of the feature vectors for a given recognition
unit. As the recognition unit used for consecutive speech
recognition, a context-dependent triphone may be used so as
to reflect context characteristics, or L-C+R may be used.
Here, L denotes a left-context phoneme for a phoneme C, and
R denotes a right-context phoneme for a right-context pho-
neme.

In addition, the pronunciation dictionary 320 is configured
by listing standard pronunciation notation corresponding to a
word as a sequence of a recognition unit. In order for the
speech recognition unit 120 to recognize a word or a sentence,
a word pronunciation dictionary formed of basic recognition
units is needed. When obtaining P(WIW), a pronunciation
sequence corresponding to a word W may be obtained by
referring to the pronunciation dictionary, and likelihood val-
ues of the feature vectors may be obtained by using the
acoustic model corresponding to the pronunciation sequence

Furthermore, the language model 330 includes informa-
tion representing association between neighboring words.
The language model 330 may be used as a reference for the
speech recognition unit 120 predicting a probability of a word
sequence W, which is proper to a given recognition domain,
thereby reducing a searching time and raising a recognition
rate by limiting a word or a phrase unnecessary to perform
speech recognition. That is, calculation of P(w) may per-
formed by using the following equation.

P(W)y=P(w w, ... wy)=P(w)P(wylw)P(wIw,) ...
Plwylwy ... wyp)

M

In addition, the phoneme WFST-based converting unit 130
plays a role of converting the recognized word sequence to
phoneme WFST, and the error correcting unit 200 plays a role
of correcting errors in the phoneme WFST. And elements
forming the phoneme WFST-based converting unit 130 and
the error correcting unit 200 will be described in detail with
reference to FIG. 2.

FIG. 2 illustrates a configuration of a device for correcting
an error on the basis of WFST in the apparatus for correcting
an error in speech recognition.

First, the phoneme WFST-based converting unit 130 per-
forms WFST-based phoneme conversion for a recognition
word sequence in order to increase accuracy of speech rec-
ognition. FIG. 4 illustrates an example of WFST-based con-
version of the recognition word sequence into a phoneme
sequence performed by the phoneme WFST-based converting
unit 130.

For the received speech, when the recognized word
sequenceis “The Inn is Going the Shin”, a phoneme sequence
resulted from the WFST-based conversion may be configured
as shown in FIG. 4.
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Meanwhile, referring to FIG. 2, the speech recognition
error correcting unit 200 of the embodiment includes a
WFST-based synthesizing unit 210 and an optical path deriv-
ing unit 220. The WFST-based synthesizing unit 210 plays a
role of performing WFST-based conversion on the data stored
in the pronunciation model 340, the pronunciation dictionary
320, and the language model 330 and stores the converted
results. And the WFST-based synthesizing unit 210 may
include a KL distance matrix-based pronunciation variation
WFST 211, a pronunciation dictionary WFST 212 and a
language model WFST 213 as data converted by the WFST-
based conversion. In particular, the WFST-based synthesiz-
ing unit 210 and the speech recognition error correcting unit
200 include an acoustic model adapting unit 410, a KL dis-
tance calculating unit 420 and a phoneme pronunciation
variation model creating unit 430, which will be described
later, in order to model KI distance matrix-based pronuncia-
tion variation.

In detail, the pronunciation dictionary WFST 212 plays a
role of converting again a phoneme sequence into words
existing in the pronunciation dictionary, where the phoneme
sequence is a corresponding pronunciation sequence into
which a recognition word sequence has been converted.
When there is a phoneme sequence, ‘DH AH’, it is converted
into ‘THE’; and creation of the pronunciation dictionary
WFST may be performed by representing all the pronuncia-
tion sequences existing in the pronunciation dictionary 320
with connection loops between a start node and an end node.
For example, a word ‘The’ is represented with nodes 1 and 2
between node 0 and node 17, and arcs. Here, the arc is marked
with a pronunciation sequence and the last arc is written with
the corresponding word. And DH:0 represents 0 as an output
(namely, no output), when DH phoneme is input. When the
entire ‘DH AH’ is input, ‘The’ is sent out as an output. FIG. 6
illustrates an example of the pronunciation WFST.

Meanwhile, for the word sequences, the language model
WFST 213 precludes a less probabilistic word sequence and
selects a higher probabilistic word sequence. For example,
referring to FIG. 7, a probability of ‘THE’ to be next to <s>,
which comes first in the beginning of a sentence, is 0.002.
From the drawn arc, it may be known that ‘THE’ comes next
to the beginning of the sentence, and a probability that ‘INN’
comes next to ‘THE’ is 1.990. That is, P(W) is represented in
a graph format. FIG. 7 illustrates an example of the language
model WFST.

The optical path deriving unit 220 plays a role of deriving
a path having the smallest weight from among all possible
paths (which are configured with word sequences where pro-
nunciation variations are applied and re-synthesized) in a
synthesized WFST. And the optimal path deriving unit 220
plays a role of deriving a path having the highest probability
from among probabilities of paths which are configured with
word sequences where pronunciation variations are applied
and re-synthesized.

Also, a KL distance matrix based pronunciation variation
WEFEST 211 of the embodiment stores information converted
by WFST-based conversion on the pronunciation variation
model 340. A method of modeling pronunciation variation
will be described in relation to FIG. 3. FIG. 3 illustrates a
configuration of performing modeling of pronunciation
variation in an apparatus for correcting a pronunciation error
according to embodiment. For reference, FIG. 5 illustrates an
example of a KL distance matrix-based pronunciation varia-
tion WFST.

Referring to FIG. 3, the pronunciation variation modeling
is performed by an acoustic model adapting unit 410 for
extracting a Gaussian mixture model (GMM) group from an



US 9,099,082 B2

5

input speech signal, a KL distance calculating unit 420 for
calculating a KL distance from the GMM model group, and a
phoneme pronunciation variation model creating unit 430 for
creating a pronunciation variation model of phonemes on the
basis of the KL distance.

The acoustic model adapting unit 410, the KL. distance
calculating unit 420, and the phoneme pronunciation varia-
tion model creating unit 430 may configure the WFST syn-
thesizing unit 210, and will be described in detail.

The acoustic model adapting unit 410 plays a role of adapt-
ing an input speech signal to a specific speaker or an environ-
ment with reference to acoustic information stored in the
acoustic model 310. For example, when the acoustic infor-
mation stored in the acoustic model 310 is hidden Markov
model (HMM) information created for a non-dysarthric
speech, GMM models corresponding to middle states of all
triphone acoustic HMMs may be extracted so as to adapt an
acoustic model created with non-dysarthric speech to a dys-
arthric speech. In particular, in the present embodiment, since
the GMM of a middle state of the HMM is used so as to
calculate a KL distance matrix, it may be understood that the
acoustic model adapting unit 410 extracts a GMM model
group from an input speech signal.

In order to adapt the acoustic model of the HMM to a
specific speaker or an environment, a mean and a variance of
the Gaussian mixture HMM are linearly transformed by using
a maximum likelihood linear regressmn (MLLR). An equa-
tion p=WE& may be used where 11 is a mean adapted (linearly
transformed) by the MLLR, &=[w p, . . . ] is a mean vector
of the GMM, and W is a linear transform matrix.

The KL distance calculating unit 420 plays a role of cal-
culating KL, distances between acoustic models by using the
GMM model group, and, in particular, creating a KL distance
matrix of the an acoustic model on the basis of triphones.

That is, by using the following equation 2, a KL distance
matrix of a triphone-based acoustic model is created, and KL
distances between GMMs of middle states of 3 left-to-right
states of each acoustic model is calculated.

M M 2)
Wik
KIL=Ci+RIIL=Cj+R) = Y wKLlbig 1 bji) + Y wilog
k= k=1 e

Here, KI(L-CAR|L-C+R) denotes a KL distance
between triphones L-C+R and L-C,+R, and models pronun-
ciation variation from C, to C,, having phonemes L. and R as
left and right contexts.

In equation 2, w,, denotes a mixture weight of a k-th
Gaussian model of triphone L-C+R. Also, KL(B, b, )
denotes a KL distance between k- th GMMs b, , and b )k of
triphones L-C+R and L-C+R, and may calculated by the
following equation 3.

KLDiy |1 D) = *

1> .
% IJZ_kI +l‘r[22]+(ﬂjk—ﬂ1k) Z(ﬂjk_ﬂlk)_

Here, p, ;. is a mean vector of k-th GMM of a triphone
L-C,4R, X, ; denotes a k-th covariance matrix of a triphone
L-C,+R, and K is a dimension of GMM, namely, a dimension
of a feature vector.
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The pronunciation variation may be modeled through the
KL distance matrix between triphone acoustic models calcu-
lated from equation 2.

In detail, the KL distance may be referred to as similarity of
areference probability distribution P to an arbitrary probabil-
ity distribution Q, and may be defined as the following equa-
tion 4.

P&

KLPIQ) = 3 n{ 5 JPo @

In addition, in the present embodiment, the distance matrix
may be a phoneme confusion matrix. The phoneme confusion
matrix represents what phoneme a reference phoneme is actu-
ally recognized to be, and represents a reference phoneme as
a row, and a recognized phoneme as a column.

Modeling of pronunciation variation of a speech may be
achieved by using equation 2, and errors in speech recogni-
tion may be accurately corrected.

According to the apparatus for correcting an error in
speech recognition of the embodiment, correcting an error in
speech recognition can be performed more accurately than
ever.

Although embodiments have been described with refer-
ence to a number of illustrative embodiments thereof, it
should be understood that numerous other modifications and
embodiments can be devised by those skilled in the art that
will fall within the spirit and scope of the principles of this
disclosure. More particularly, various variations and modifi-
cations are possible in the component parts and/or arrange-
ments of the subject combination arrangement within the
scope of the disclosure, the drawings and the appended
claims. In addition to variations and modifications in the
component parts and/or arrangements, alternative uses will
also be apparent to those skilled in the art.

What is claimed is:

1. An apparatus for correcting errors in speech recognition,

the apparatus comprising:

a feature vector extracting unit extracting feature vectors
from a received speech;

a speech recognizing unit recognizing the received speech
as a word sequence on the basis of the extracted feature
vectors;

a phoneme weighted finite state transducer (WFST)-based
converting unit converting the recognized word
sequence recognized by the speech recognizing unit into
a phoneme WFST; and

a speech recognition error correcting unit correcting errors
in the converted phoneme WFST,

wherein the speech recognition error correcting unit com-
prises a WFST synthesizing unit modeling a phoneme
WFST transferred from the phoneme WFST-based con-
verting unit as pronunciation variation on the basis of a
Kullback-Leibler (KL) distance matrix, and

wherein the KL distance is calculated by an equation 1,

M M ()
Wik
KL(L-C;+R||L-C;+R) = § Wik KL |1 bj) + § w‘-,klogw;_k.
k= k=1 -

2. The apparatus according to claim 1, wherein the speech
recognition error correcting unit further comprises a pho-
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neme pronunciation variation model creating unit creating a
phoneme confusion matrix by using the calculated KL dis-
tance.

3. The apparatus according to claim 1, wherein
KL(b, 4lb; 1) in the equation 1 is calculated by equation 2,

KLDiy |1 D) = @

n i =
IJ£| + [{Z Z] s = )" ) s = ) = K |
TE X Pk

ik

! 1
2

4. The apparatus according to claim 1, further comprising
an acoustic model which is referred to when the speech rec-
ognizing unit separates the word sequence from the received
speech,

wherein the acoustic model has information on a likelihood

probability of the feature vectors for a phoneme of a
recognition unit.

5. The apparatus according to claim 1, further comprising
a pronunciation dictionary which is referred to when the
speech recognizing unit recognizes the word sequence of the
received speech,

wherein the pronunciation dictionary comprises informa-

tion that standard pronunciation marks of words are
listed in a sequence of a recognition unit.
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6. The apparatus according to claim 5, wherein the WFST
synthesizing unit further comprises a pronunciation dictio-
nary WFST converting again a phoneme sequence into words
existing in the pronunciation dictionary, wherein the pho-
neme sequence is a pronunciation sequence converted from a
word sequence of a recognition target.

7. The apparatus according to claim 1, further comprising
a language model which is referred to when the speech rec-
ognizing unit separates the word sequence from the received
speech,

wherein the language model comprises association infor-

mation between words so as to limit a specific word or a
phrase when the word sequence is separated.

8. The apparatus according to claim 7, wherein the WFST
synthesizing unit further comprises a language model WFST
selectively precluding or selecting the word sequence from
among recognition targets by using a probability included in
the association information.

9. The apparatus according to claim 1, wherein a synthe-
sized WFST output from the WFST synthesizing unit
includes paths configured with word sequences where the
pronunciation variations are applied and re-synthesized, and

wherein an optimal path deriving unit is further comprised

which selects at least one of the paths by using a weight
or a probability value of each of the paths.

#* #* #* #* #*



